This paper describes the results of a new approach devoted to the localization of ground borne acoustic sources. It is demonstrated that an array made of at least three unidirectional microphones can be exploited to detect the position of the source. Pulse features extracted either in the time domain or in the frequency domain are used to identify the direction of the incoming sound. This information is then fed into a semi-analytical algorithm aimed at identifying the source location. The novelty of the method presented here consists on the use of unidirectional microphones rather than omnidirectional microphones and on the ability to extract the sound direction by considering features like sound amplitude rather than the time of arrival.
et al 2008) were proposed. Knapp and Carter (Knapp and Carter 1976) pointed out that locators based on the arrival time difference present significant computational advantages compared to steered beamformers or high resolution spectral estimation methods.
Researchers (Rui et al 2005 , Ikeda et al 2007 , Kim et al 2008 have proposed hybrid methods that combine two of the three aforementioned categories. One of the common limits associated with the arrangements proposed is the need of large spacing between the microphone elements and/or the requirement that acoustic sources need to stay farther from the microphones in order to retain accuracy. This paper presents the results of a passive scheme based on the use of unidirectional microphones for the identification of the position of the acoustic source with respect to the microphones' center of mass. Sound direction is projected by exploiting the unidirectionality of certain features associated with the microphones output level. The incidence value estimated by each microphone is then fed into a semi-analytical algorithm aimed at identifying the source location. The objective of the paper is to demonstrate the feasibility of the proposed method to evaluate the position of a sound source with an array of at least three unidirectional microphones.
The study is part of an ongoing effort to pave the road toward a new generation of sound detectors and localizers that can minimize the spacing between the microphone elements. The main elements of novelty introduced with this study are the exploitation of unidirectional microphones and the use of features that are not related to the time of arrival of the sound.
The paper is structured as follows. The semi-analytical algorithm to extract the location of the sound source from an array of unidirectional microphones is presented in section 1. Section 2 illustrates the signal processing algorithm that is combined with the semi-analytical approach.
The experimental results of the initial tests are presented in section 3. Finally, conclusions and 
II. ANALYTICAL MODEL

A. Unidirectional microphones
Unidirectional microphones are sound transducers that possess a strong dependence on the incidence angle of the acoustic source. Directionality is achieved through a compact internal array microphone in a perforated housing. Such microphones are used in all those applications or circumstances that require rejection of noise, filtering of unwanted acoustic signals, or elimination of reverberation phenomena. The variation of the detected sound wave amplitude (microphone output level) with the direction of the wave propagation (angle of sound incidence) is described by the polar directivity pattern (PDP). Generally, the PDPs detect a plurality of amplitude values of a propagating wave approaching at different angles (Olson 1946) . When the microphone's sensitivity (output level) is not function of the incidence angle the microphone is called omnidirectional. Mathematically a plane PDP of an unidirectional microphone may be expressed as (Sessler and West 1975) shown by Sessler and West (Sessler and West 1975) , for low-frequency sounds these values provide the highest directivity to second order gradient unidirectional microphones. The PDP has been normalized with respect to the maximum value expected at along the microphone axis  =0°, by considering instead of K a constant equal to ˆ/ (0 )
B. Source location: semi-analytical formulation
To describe the background hypothesis, let us consider an array of three unidirectional 
where j = 2, 4 or 8. of direction lines, the position of the sound source is univocally identified by the common coordinate resulted from these intersections.
III. EXPERIMENTAL SETUP
A. Hardware/software
The hardware/software system utilized to conduct the experimental program consisted of a portable National Instruments PXI unit running under LabView, a commercial speaker, and a unidirectional microphone model Audio-Technica AT815b (Audio-Technica 2008). The
LabView program was designed to perform signal generation, acquisition, and storage. A 5-cycles Gaussian-windowed sinusoidal toneburst was sent to the speaker. This choice provides relatively short duration and small bandwidth. A frequency sweep between 500 Hz to 10 kHz at 500 Hz steps was conducted. Thus, a total of 20 frequencies were considered. The sound detected by the microphone was digitized at 100 kHz sampling frequency.
One microphone was used. In order to simulate the presence of three microphones, three tests were conducted using the same test protocol. Figure 3 shows the spatial and the in-plane location of the microphone in position A, B, and C during tests 1, 2, and 3, respectively. During each test the microphone was manually rotated by 10º. As such the propagating sound was detected from 36 different incidence angles, prior to completing one revolution. Finally, in order to verify the repeatability of the setup, the procedure has been repeated ten times. Thus, a total of two hundreds (20x10) sound waveforms were recorded at a given microphone's orientation. Typical pulse waveforms acquired by microphone A (test #1) when the excited toneburst was equal to 500 Hz are shown in Figure 4 . In particular, the pulses acquired during one half microphone revolution at 30º increment are presented. The expected decrease of the signal amplitude as the microphone is rotated away from the speaker is evident.
B. Signal processing
Prior to applying the semi-analytical formulation described in section 2.2, the digitized waveforms were pre-processed. The signal processing algorithm is schematized in the flow chart of Figure 5 . Each signal was initially windowed in order to reject unwanted reflections or sound components extraneous to the direct sound path. In order to retain the appropriate time window the expected time of arrival of the signal was considered. The sound's time of flight was determined by cross-correlating the recorded signal with the excited toneburst. To add redundancy to the approach a second cross-correlation was carried out between the signal recorded for a certain angle  and the time waveform recorded at  = 0 degrees. In a practical application where neither the sound source at the origin nor the time waveform at  = 0 is available, other methods may be adapted. For instance, one of these methods may be related to the detection of the peak amplitude (max) and then consider the time of arrival as the moment that the signal amplitude passed a threshold set at the 10% of the max value.
A typical time history and the corresponding fast Fourier transform of the 500 Hz signal recorded by microphone A at  = 0º before windowing are shown in Figs. 5a and 5b, respectively. It is possible to observe the partial distortion due to the reflections of the sound from the laboratory boundaries. Figure 5c shows the signal after windowing. The duration of the windowed time history was chosen in order to retain the same number (five) of generated cycles.
As such the duration of the processed data was around 10% longer than the duration of the excited toneburst. By comparing the frequency domains in Fig. 5d and 5b it is clearly visible that the time window does not alter the overall frequency content of the signal. As such, the important information of the signals is retained.
Once the recorded signal was windowed appropriately, six features from the time domain and three features from the frequency domain were considered. This step was conducted to investigate which signal's features maximize the microphone's unidirectionality. In the time domain the features of maximum absolute amplitude (max), peak to peak amplitude (ppk), variance (var), root mean square (RMS), K-factor (KF), and crest factor (CF) were selected. The expression of the last four features is:
where N is the number of points of the windowed time history x(t) and  is mean of the signal. The maximum amplitude (max FFT), the root mean square (RMS FFT), and the area of the frequency domain were selected as well. As the frequency spectrum spans from zero to the Nyquist frequency, the interval for the computation of the frequency-domain based features include 1 kHz bandwidth centered at the toneburst frequency.
C. Polar directivity patterns
The selected features were calculated at each acquisition angle. This step resulted in the creation of the PDP relative to feature. Figure 7 shows the PDP associated with the time domain based features extracted from the 500 Hz sound. One of the main outcomes from this part of the study is that the shape of the polar pattern is dependent on the selected features. The features (max, ppk, RMS) directly related to the microphone output level are in good agreement to the PDP provided by the microphone's manufacturer (Audio-Technica 2008). The differences are associated with the experimental setup that was not conducted in an anechoic chamber and with the test protocol in which the microphone was rotated manually at discrete steps of 10 degrees.
Since the microphone was spun manually, small errors in the orientation (angle  ) might have occurred.
The features of the variance and the K-factor show stronger unidirectionality. Not surprisingly the crest factor (CF) denotes instead the behavior typical of omnidirectional microphones. This is a mathematical artifact due to the definition of CF. As the polar pattern associated with the max and the RMS are very similar, the ratio between such features is close to 1 over the entire angle range. On the opposite side their product "penalized" the values closer to zero. As such the K-factor is strongly unidirectional.
The differences observed among the selected features in the time domain for a 500 Hz pulse were also observed at the higher frequencies. As the method presented here is based on the microphone directionality, the CF was not further considered. In addition, because some features were qualitatively identical, only the max and the K-factor were retained. Figure 8 shows the PDP extracted from the frequency domain. As the shape of all patterns is very similar only the feature of the maximum value of the frequency spectrum (max FFT) is considered in this study. Figure 9a shows the experimental PDP associated with the maximum absolute amplitude of the time history (max) of the detected pulse at higher frequencies. As expected the shape of the PDP changes with the frequency and a higher number of lobes were expected. At frequencies above 2 kHz the agreement between the experimental data and the manufacturer's specification degrades. This is mainly associated to the step-wise angle acquisition procedure described in Table 1 . As the microphone's normalized output level is more sensitive to small incidence angle variations, the acquisition taken every 10º results in lower resolution. The PDPs associated with the K-factor at frequencies 500 Hz, 1 kHz, and 5 kHz are shown in Fig. 9b .
In order to apply the semi-analytical approach described in section 2, the equation of the experimentally obtained PDP needed to be derived. The experimental data of the extracted feature as a function of the incidence angle in Cartesian coordinate was plot. For instance, Fig.   10a shows the experimental data associated with the maximum absolute of the time history (max) of the 500 Hz pulses. The data are the average of the ten acquisition made at each angle step. In order to satisfy the symmetry along the 0º-180º direction, the experimental data in the range 0º-180º were also used in lieu of the experimental data acquired from 180º-360º. By using the MATLAB function fit and the Fourier polynomial type, the equation that best fit the experimental data was found and it is superimposed as continuous line in Fig. 10a . By comparing the value of the residual R 2 , the Fourier equation of order 7
was chosen. The empirical coefficients a n and b n are summarized in Table 2 .
The experimental data and the fitting curve for the 5 kHz pulse processed in the time domain and for the 500 Hz and 5 kHz pulse processed with the maximum of the frequency domain (max FFT) are shown in Fig. 10b -Fig. 10d , respectively. As the frequency of the toneburst increased the interpolating function was less accurate. This is once more associated with the low resolution of the experimental protocol that resulted at the high frequencies. Figure 11 shows the experimental PDP and the "best fit" polar pattern for the feature of the max amplitude, max FFT, and K-factor for 500 Hz toneburst.
IV. EXPERIMENTAL RESULTS
In the semi-analytical approach developed to localize the sound source position, Eq. (1) is now replaced by the equation of the fitting curve extracted from the experimental patterns. The formulation described in section II.B is used here to identify the location of the speaker. The approach is tested using the normalized features' values of the absolute maximum and the Kfactor of the time history, and the maximum amplitude value of the Fourier transform (max FFT). The results from recording pulses at 500 Hz, 1000 Hz and 5000 Hz are presented. The microphone arrangements relative to three microphones array systems are discussed. Following the angle notation introduced in Figs. 2 and 3, the arrangements are: 30º/0º/-30º, 60º/0º/-60º, and 120º/0º/-120º, where the first angle is relative to microphone C, the second angle to microphone A, and the last angle to microphone B. is found the algorithm selects the smallest area. The tolerance is necessary to take into account measurement errors due to the test protocol and experimental errors. The tolerance has to be large enough to include one intersection per microphone pair, but it has to be sufficiently small to avoid that false positive, i.e. mathematical solutions of the problem, are considered as physical solutions. To improve the algorithm performance any solution lying within the area of the triangle ABC is rejected.
The solution found by the algorithm for the case of 500 Hz with microphone arrangement equal to 30º/0º/-30º are represented by the three filled circles in Fig. 12b . The outcomes from Fig. 13 suggest that the equation of the PDP needs to be evaluated more accurately especially at those directions where small angle variations induce significant changes of the microphone output level. Figure 14 shows the location provided by the algorithm when the features of max amplitude, K-factor, and max FFT were applied to examine the pulses at 500 Hz, 1 kHz, 5 kHz recorded by microphone array at 30º/0º/-30º and 60º/0º/-60º. Figure 14a shows that as the pulse frequency increases the accuracy of the detecting system degrades. This is due to the precision of the experimental PDP. For instance, by observing the microphone directivity discussed in Fig. 9a , it is evident that the experimental pattern associated with max amplitude lacks needed to be determined with resolution higher than 10º. The same three features and pulse frequency were used to evaluate the performance of the microphone array 60º/0º/-60º. The results are presented in Fig. 14c . By comparing Fig. 14c with Overall the results shown in Fig. 14 demonstrate that the array system 30º/0º/-30º provided the more accurate results, using either time or frequency domain-based features. The performance of the algorithm degrades when higher frequencies are considered. Moreover the outcomes of this study make obvious that the accuracy of the localization algorithm is related closely to the accuracy of the experimental polar pattern.
The results presented in this paper also suggest that in order to accomplish the identification of the sound source location over a full 360º planar direction, an array of six microphones should be deployed.
The study, that has demonstrated the feasibility of the proposed method as an efficient, inexpensive, and compact alternative to the current methods based on omnidirectional microphones and the estimation of the sound arrival time, is part of an ongoing effort to pave the road toward a new generation of sound detectors and localizers that can minimize the spacing between the microphone elements. The method shows computational advantages over the existing techniques and it may offer a suitable tool for further developments and field deployment.
One of the potential limitations of the proposed method is related with the source's signal strength. As the method is based on normalized values of signal features, in field applications it is impossible to establish whether the detected signal is intrinsically weak or it has been generated far away from the sound detectors. A feasible approach to overcome this problem is 
